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ABSTRACT 


Here^ we attempt to synthesize music in real-time by a 
digital computer, given the musical score, expressed in terras 
of numerical values of arnplutides, frequencies and durations 
of sequences for each \^avefonn for each instrument we want to 
represent, and also repetition clauses in between sequences 
where desired. We aim to achieve as high a frequency as possible 
entirely by softv;are. We have been able to achieve a frequency 
of about 1.25KHZ with sampling rates of about 5KHz. i 

The waveforms v^hich we have chosen here are the sine, 
square and sawtooth waveforms, which are the approximations | 
of those produced by a flute, clarinet and cello respectively, : 
The resultant waveform, obtained after summing up the samples 
frem each Individual waveform and outputting it to the digital- ■ 
to-analog converter, represents the desired musical waveform. I 
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INTRODUCTION 

In our project# our aim was to develop a software 
paclcage for music synthesis by computer. The motiva— 
ticai for this project lies in that here we are utilizing 
the iiranense potentialities of a digital computer for 
music synthesis by numerically specifying the amplitude/ 
frequency and duration of the various waveforms to be 
synthesized by the computer/ each wageforra representing 
Cor rather/ approximating) those generated by different 
musical instruments. 

The advantage of using a computer for synthesizing 
music is that a beginner, who is not familiar with the 
use of the various musical instruments# can have an exer- 
cise in Innovative music composition, by simply specify- 
ing the numeric::al values of the relevant parameters, 
namely, amplitude, frequenc:y, duration and for repeti- 
tion clauses, where a particular tune is desired to be 
repeated, specifying the number of repetitions and from 
where to repeat. The computer computes the values of the 
samples, outputs them to the digital— to— analog converter, 
from where they are converted into sound by a loudspeaker , 
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Itie ccsmputer can be programmed to synthesize any 

. ■ , # I ' 

combination of waveforms# and the waveforms too^ can 
be of any desired type, Iheoretically# any instrument 
v/aveform can be synthesized cai a computer and this great- 
ly enhances the versatility of the computer for innova- 
tive music generation# without the necessity of becoming 
familiar with how to use any of the musical instruments# 
whose waveforms can be mathematically represented and 
generated by the computer. 
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CHAPTER 2 


FORMULATION OF THE PROBLEMS INVOLVED 
IN REAL-TIME SYNTHESIS OF MUSIC 

2—1, Introduction 

In this chapter^ we discuss some fundamentals that 
are basic to all computer sound processing - the repre- 
sentation of sound as numbers, the underlying processes 
of sampling and quantizing a sound wave, the approxima- 
tions and errors that are inherent in sampling and quanv 
tizing, the operation of digital— to-analog converters, 
the construction of smooting filters, and, last, an 
introductory look at the computer programming for music 
synthesis, which is the central subject of this project. 
2-2, Numerical Representation of Functions of Time 

Sound can be considered as a changing or time- 
varying pressurre in the air. Its subjective, characteris- 
tics, how it "sounds", depends on the specific way the 
pressure varies. 

Since the essence of tlie sound depends on the nature 
of the variations in pressure, we will describe a sound 
wave by a pressure function pCt), where the pressure p 
is a f motion of time t. 

All sounds have a presstire function and any sound 
can be produced be generating its pressure function. Thus 
if we can develop a pressure source capable of producing 
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any pressure function/ it will ije capable of producing 
any sound/ including speech/ musiC/ and noice, A digi- 
tal conputer/ plus a program/ plus a digital-to-analog 
converter/ plus a loudspeaker come close to meeting this 
capability , 

In the past most sounds have originated from the 
vibrations and movements of natural objects - human and 
vocal cordS/ violin strings/ collisicn between two solid 
objects/ etc^ The nature of these sounds is determined 
by and lifted by the particular objects. However/ in 
the last 60 yedrs the loudspea)<er has been developed as 
a general sound source, it produces a pressure function 
by means of the vibrations of a paper cone actuated by a 
Coil of wire in a magnetic field. The movement of the 
cone as a function of time/ and hence the resulting pre- 
ssure function/ are determined by the electric voltage 
(as a function of time ) applied to the coil, 

2-3, Sampling and Quantizing 

Figure 2-1 illustrates broadly the scheme adopted 
here for generation of a sequence of samples. In the 
processor/ we generate a sequence of representative 
numbers for the samples , Each number simply gives the 
values of the function at one instant/ in time. Practi- 
cally/ the computer can produce any set of numbers and 
hence any function. However, some functicns are more 
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difficult to produce than others, and certain approxi— 
matioris are involved in producing any function. It is 
important to understand the nature of these approxima- 
tions in order to use the computer as an effective sound 
source. Sampling and quantizing are the two approxima- 
tions involved in representing a continuous functicn by 
a sot and numbers. 

Mathematically it has been shown that R samples 
per second are needed to approximate perfectly a functicai 
with a bandwidth R/2 cycles per second. In our case, 
the maximum sampling rate for the digital-to-analog con- 
verter is .10,000 samples/ sec, which implies that the maxi- 
mum frequency of the sampled signal should not be more 

for 5 samples per cycle. 

than 2,000 cycles/ sec (or 2 KHz),/ Thus, the minimum possiV 
ble sampling interval is i3,J3001 sec, » jO.l msec. 

The second approximation is called quantizing, 

2—4. Foldover Errors 

The sampling theorem, for saiqpled data signals, 
states that if a signal contains no frequency ccxnponents 
above a certain value f , then it is completely described 

ww 

by instantaneous sample values of frequency greater than 
or equal to tiwice the signal frequency f^. 

The minimum sampling rate, f^ = 2f^ is Iciown as 
the Nyquist rate. 
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If a signal has toeen sampled at the nominal Nyquist 
rate or greater (f^ > 2f^). and the samples are represent- 
ted as amplitude modulated pulses# the signal can bo 
approximately reconstructed frc«n its samples by low- 
pass filtering, whose cut-off frequency = f^. 

A signal specturm, . such as shov«i in Figure 2-2, is 
considered to be virtually bandllmited if fee frequency 
content above W is small and presumably umimportant for 
conveying the information. When such a message is 
sampled, there will be unavoidable overlapping of spec- 

II 

tral cotvponents (Figure 2-3). In reconstruction, fre- 
quencies originally outside the nominal message band will 
appear at the filter output on the form of much lower 
frequencies. Thus, for example, f > w becomes f^ - f^ < w, 
as indicated in the figure. 

The phenomenon of downward frequency translation 
occurs whenever a frequency component is undersampled, 
that is, f < 2f ^ , and is given the descriptive 
aliasing. The aliasing effect is far more serious than 
spurious frequencies passed by ncxildeal reconstruction 
filters, for the latter fall outside the message band, 
whereas aliased components can fall within the message 
band. Aliasing is combated by filtering the message as 
much as possible before sampling and sampling at much 
greater than the nominal Nyquist rate, if , necessary. 
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Here, in our system, after sampling, the sampled 

pulses are passed on to the digital-to-analog ccaiver^ 

ter*s digital input part. If the signal frequency is 

samples occurs at a rate of f > 2f samples per second, 

so there must be 8f_ coded pulses per second, since each 

sample is represented by 8-bit codes. If there are no 

“spaces" in the coded signal, the maximum permitted dura- 

ticai of any one pulse is = l/8f , On the basis of pulse 

s 

resolution, we need a bandwidth of at least (8£^). 
Bandvjidtli > i (8f ) > 8£ . 

— ^ S rr W 

The threshold signal-to-noise ratio 

= 10 (ji^-1), 

where vi “ 2 for binary digits. 

The approximate signal-to-noise ratio inherent in a given 
number of bits equals 

ss Maximum number expressible 

Maximum error in representing any number 

For our case, the maximum number expressible is 

8 

2 -• 1 es 255, and the maximum error is 0,5 

/ 

255 

The signal to noise ratio *= 

= 510 

= (20 log^Q 5iO)dB 
J 54dB'. 
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This ratio is as good as very high quality audio 
equipment. Hence, quantizing error is not a critical 
factor here, sampling rate, by contrast, is often 
critical , 

2-5, Tones and Harmonics 

The elementary unit of a musical ccsnposition is the 
note. Its position on the staff indicates a pitch to be 
played at a particular time. The tonal quality of the 
note is not generally indicated in a musical score, 
since that is already determined by the instrument absign» 
ed to play the note. A conposer seeking a particular bon® 
colour obtains it by selection of the proper Instrument on 
combination of instruments. 

To program a ccmputer to synthesize a tone, the 
composer must specify much more than the tone*s pitch* 

He or she must bo able to define the desired tone colour 
and articulation and must also provide all the accoustical 
information needed to produce that particular sound. To 
supply such information to the ccmputer, the programmer 
must describe the characteristics of the tone in inathe«p 
matical terms , 
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2—6. Dlqltal-to-Analoq Converter 

Conversion between numbers in a ccanputer and analog 
voltages is an essential step in soxand processing. It is 
conceptually simple and practically easy to accomplisl^* A 
variety of ccmmercial equipment are available. Here^ a 
digital-to-analog converter is there as part of the 
Cromemco System, 

Out digital-to-analog converter can have a digital 
input and analog output with maximum sampling rat© cdE IOKHsl, 
2—7 , Smoothing Low-Pass Filter 

In order to smooth out the sampled analog signal at the 
output of the digital-to-analog converter, we need a smoo^- 
ing low pass filter, with a cut-off frequency equal to the 
maximun signal frequency. 

2-8, Fundamental Programming Problems for sound Synthesis 
Since we have described the technology for sound pror 
cessing by computer, we now look at the computer programs 
that activate this technology. 

The two f tindamental problems in sound synthesis ak© * 

(1) The vast amount of data needed to specify a pressure 
functic^ - hence the necessity, of a very fast and efficient 
computer program — and (2) the need for a simple, powerful 
language in which to describe a complex sequence of sounds* 
To solve these problems w© use the following principles? 
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(1) stbre^i functions to speed ccmputation^ (2) viavefonti^ 
generator blocks for sound-synthesizing Instruments to 
provide gjteat flexibility, and (3) the note concept for ■ 
describing sotind sequences* We will now consider sound 
synthesis frcMn the ccxnputer's and the composer’s stand 
points to see the importance of ^ese principles* 

To specify a pressure function at a sampling rate 
of say, lOwiz, one number is needed every 100 microseconds, 
A useful measure of computatican is the time scale, which is 
defined as 

Time Scale 5 ho compute samples of a soUid 

. "* Duration of the sound 

various possibilities exist at various time scales. 

If the time scale is equal to 1 or less, a digital-ton 

analog converter can be attached directly to the computer 

and sound can be synthesized in real time, This allaiws 

Improvising aa the computer, hearing the sound hnraediately 

after specifying the musical score To ensure real-time 

synthesis of music, the coraputatiais for ea<^ sanqple 

must be few* 

Time scales greater than 1 necessitate recording the 
samples in secondary memory (disk or tape), rewinding the 

tape, and playing the tape through the digital-to-ana^og 

1 

converter, A delay equal to or greater than the sound 
duration is Inherent in the process. For time scales above 
50, the delays become too time consuming and esqp^sive 
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anol not worth the effort. 

We have considered sound synthesis from the position 

sampling 

of the computer and it has led us to / functions. Nowjf 
we take a look frcxn the composer's standpoint. He wou3,d 
like to specify any sequence of sounds in a musical score 
memory^ and a program which will read these musical scores 
are pl^ the desired musical sequence. The musical scox'e 
consists of a number of tracks# each track for each musical 
instrument that is desired by the oompower# and for ea^ 
musical instrument# a subroutine subprogram for computing 
the values of the samples over a cycle must be written. 

The final principle for specifying sound sequences ig 
the note concept, sound exists as a continous functiai of 
time starting of the beginning of a piece and extending 
to the end. We have chosen# for practical reasons^ to cho|> 
this continous sound into discrete pieces^ called notes^ 
each of vhich has a starting time and a dvuration time# 

In the musical score tracks# in each tirack/ the 
composer specifies numerically sequences of amplitude/ 
frequency and duration for the waveforms represehted by 
the respective tracks. Also# if any sequence is to 
repeated# then a repeatition clause is to be inserted, at 
the required place# specifying the numbe^^ of irepetitlon^ 
required and from where to repeat. 



’it'*' 

l^uSf ^t^Q have a working program for music syrithosA^i 

•» ’ .fJj 

in real-time, based on the above principles," With su^ a 
program, the user, by specifying any combinations of 
instrument waveforyns Ca subroutine has to be writtci^ fo?? 
each) and any sequence of their anqplitudes, 
durations and repetition clauses, can really 
do Innovative piusic composition with the computer* 


be ablo 



CHAPTER 3 


TECHNIQUE ADOPTED BY "U« FOR REAL-TIME MUSIC SYNTHESIS 

# 

I 

3-1, Introduction 

Our aim in this project is to design a real-time 
music synthesis software package for the Croraemco- 
System-3 microcomputer. The music to be produced is 
a Combination of tones produced by different musical 
instruments# ' siich as flute t clarinet cello 

of...ysrYin9 amplitudes'# "ftequencies and durations# as 
specified in the musical score memory. 

The musical score memory contains the musii(?al 
score represented in terms of records of afi^plitude# 
frequency and duration and repetition clauses where 
needed# on trackpt# each tragk f.csc each musical instru** 
ment desired. The waveforms produced by the different 
musical instruments will be d|tiferent and we can choose 
our own combination of instruj^nts t<? be played# by 
calling subroutines to generate waveforms for those 
particular musical 4#^struments 

For each instrupient wavefQcjrmf we have a subroutine 
, which computes the values of the sample for each instru- 
ment waveform# over a. cycle within the diaration specified 
and forms tables of their vaii^es^ which are then passed 
Gci to the main program. The m^in p^pgrum qqntiriQ'Jsly 
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suras up the sample values from each instrument waveform 
and outputs them to the digital~to-analog converter part. 

As soon as any of the durations for any waveform is over^ 
the table for the next set of sample values for that wave** 
form are conputed and obtained from the subroutine for that 
waveform and the main program goes on until any of the next 
set of durations expires^ when it again obtains the table 
for the next set of sample values for that waveform and 
resumes outputting of these, values, represented by pro- 
portionate voltage pulses, to the digital— to-analog conver- 
ter part. This process goes on until the total time limit 
specified for the music to play is over, 

3—2, Descripticn of the Hardware System 

Here we have used the CRQMEMCO System-3 Microcomputer 
on which to Implement and rian ova:- program for real time 
mtisic synthesis. It has a 8 bit-CPU, with a cycle 

time of 250 nanoseconds, a memory of 64K bytes with a 
maximum memory access time of 250 nanoseconds. 

The digital-to-analog converter (“Crocnemco D+TA 1/9 
Module") is a fasthigh-porfirmance converter# with a fast 
conversion time of 5,5 microseconds. 

Analog Output Port Specifications 
Number of output ports 

Output voltage range t — 2.56volts to 42,54 volts 

Output impedance s 0.25 ohms 

Maximum load current t l,5tnA 

Rsolution * 8 bits 

Conversion time t 5,5 microseconds 

Accuracy » 4 20 millivolts _ 

Drift rate T Less than 10 mV/Sec at 25 C, 
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3-3, Description of Our Program for Real-Time Music Synthesis 

on CRQMEMCO Svstom-3 ■ ’ 

In the program for real-time music synthesis aa the 
CROMEMCO System-3^ we aim to compute sample values, at the 
s ampling instants, of the chosen waveforms (which are 
approximations of these produced by instruments we want to 
represent). Having obtained the required sample values 
the individual waveforms, we conpute the resultant sample 
of the different- instruments being played simialtaneousiy, 
by summing up the individual samples. Having -thus obtained 
the sample for the composite musical waveform, . it is output 
to the digital-to— analog converter port. At the analog 
output of the digital-to-analog converter port, the sampled 
waveform is smoothened out by a smoothing (low-pass) filter, 
and then passed on to a loudspeaJcer, for conversiai. into 
sound waves. The resultant frequency of the output musical 
■waveform will depend on the sampling rate, and -the number 
of samples per cycle of the original individual wavefojqms. 
Thus* if we have at least 3 samples per cycle (for the 
highest frequency waveform) then by having a sampling ratQ 
of 5KHz, we can have a maximum frequency of about 1.6KHz 
for the output waveform. Thus, to achie-ve high output musi« 
frequencies, we should aim for as high a sampling rate as 
possible , 





In our program^ for each individual waveform represofi^ 
ting that from an instrument which we want to Simula te^ we 
have written a subroutine which computes the values Qf 
samples for that waveform at the sampling instants# ovesf a 
cycle of that waveform# within the given du^ration, 
duration specified is that for that waveform af the giv(^ 
amplitude and frequency. The sample values are put in ^ 
table# which is then passed on to the main program^ Thus^ 
here in our program# we have subroutines for genejratlng ijabla,!^ 
of sample values for sinewave# squarewave and sawfcootbwav^J# 
which are approximations of the wavef prms produced by 
flute# clarinet and cello respectively. 

The music generating progrexm pqads the mt^ical scobQ i 

I 

frcKi an input file and produces musical output accordingly, \ 

The musical score consists of a number of tragJcs equal to the 1 

[ 

number of waveforms we want to represent# ©^<31 tragb for | 

i. 

each waveform. On each track# we specify the sequence to be i 

I 

played out by the corresponding wavefoajm# thq se<Ihehc^ being | 

* ' [ 

represented here in the track by a series of records of 
three fields, each. The first# second and third fields 
contain real number represeptations of CQl’faln paramefeys 

[ 

pertaining to that particular waveform. If ilhc fifs^ field [ 

I 

contains a positive numbe^^ ft indicates tha%, th@ recordv ; 

i 

consists of amplitude# freejuancy and duration specification^ I 
in the first# second apd thir4 fiol(^ r®specf^ively , Jf# 
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on the other hand^ the first field contains a negative 
nianber, it indicates that this record is a repetition 
clause and the magnitude of its firsts second and third 
fields contain respectively the numiber of repetitions# a 
pointer to the location on this track frcm where to repe^^l 
and an Indicator variable. 

In order to generate samples for the musical wavefom^ 
the main progrcim calls all the instrument vaveform generatinsi 
subroutines once and determines the minimum of the three 
durations for the tliree different waveforms which we have 
he^’e chosen to represent. Then# in the main program# the 
sum of the samples from each waveform is determined and 
outputted to the digital-to-analog converter port. This 
process ccxnputing the sum of the samples of the Individual 
Waveforms and outputting it goes on until the minimum of the 
three durations of the three waveforms is over. Then the 
suJ^Ohtine for that waveform whose duratioi is over is 
cabled and the, next set of samples for that wavefocm over 
a oyclo with the duration for true new values of amplitude# 
frequency and duration are computed in a table# which is thch 
passed on to the main program# which tlien resumes computing 
the spm and outputting the samples of the resultant df^aixed 
n|hs4cel waveform# until the minimum duration frcm among 
the, present set of the three <itirations is over# lahen it 

the subroutine for which the duraticn is over# and so 
Thlip jj^ocess goes on until the t^tal time limit set for tlT^ 
music to play is over. 
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CHAPTER 4 


PSYCHOACOUSTICS and MUSIC 
4"*1. IntroductiG<n 

Although the technology of electronic and computer 
soiild generation has given us new tools of almost unlimited 
power for maHing now sounds# it has also created a new 
problem -• the need to understand the psychoacoustics of 
musical perception. Sounds produced by conventional 
instruments are so well ]<nown that composers can proceed 
with the intuitions they have developed from Icang experience. 
However# tuo such Intuitions exist for new sounds* Instead# 
the composer must ujider stand the relation between the 
physical sound wave and how it is perceived by a hearer, 
psychoacoustics addresses this question and hence has become 
an essential loiowledge for the modem composer. 

With sane excerptions original scienctlficwork in jsyclx^ 
acoustics has not ixjen directed chiefly at musical problems^ 
Thus we must draw on a y^^dety of sources in seeking to 
uulexstand musical jfhenomena# although investigators did not 
always have, music? |ffii miud* 

4-2, Loudness 

Tt^ perceived ^oudness of a sound depends on many 
factors in additio?^ to its Intensity, For exan^le# in order 
for a pure tone or sinusoid at lOOHz to be heard# its sound 
■ intensity must ^ ^POO times greater than that of a pure 
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tone at SOOCSiz, For most of the musical range the perceiveti 
loudness increases as the 0,6 power of the sound pressure* 
Ihe perceived loudness increases more slowly with sound 
pressure for 3000Hz tones than it does for very low fre- 
quencies^ say^ 100 Hzj and in the uncomfortably lound raage^ 
tones of equal power are about equally lound, Bhis means 
that as we turn the volume control up or down« the balance 
of loudness among frequency components changes slightly*. 

4-3*. Masking and 'Ihreshold shifts 

A tone or a noise masks or renders us inoapable of 
hearing a less powerful tene, A tone has a strong masking 
effect for tones of higher frequency and a weaker masking 
effect for tones of lower frequency. The frequency range 
of masking is greater for lound tones than for soft tones. 
Thus we would expect that in. a musical ccxnposition some 
sounds might be masked and uriheared vrtien the volume is 
set high# whereas they would be unmasked and heard \*ien 
the volume is low. 

Masking can be considered as a raising of the level 
at which tones beceme audible. Some rise in the threshold 
persists for 1/6 sec or longer after a lound tone but the 
aftereffect of a lound tone on hearing is much less than 
that of a bright light on seeing. 
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4-4* Limens or Just Notice-able Differences 

Limens or jnd’s of loudness and frequency have been 
carefully measured^ They are surprisingly small. However^ 
there is evidence that the limens are much smaller than the 
frequency or loudness differences that can be detected in 
Gonplicated listening taeka# which are more akin to music. 

Very small differences in frequency (less than a half tone) 
and loudness can be detected in successive tones that are 
not too short, 

4«^5. Pitch 

The pitch of a complex tone is often thought of as 
that of its lowest partial. However esqjoriments made with 
repetitions of various patterns of pulses and with complex 
tones in which the upper partials are harmonics of a frequency 
higher than the fundamental show that# although the funda- 
mental dominates at higher frequencies# the repcition rate 
of the tone or of its higher partials dcxninates at lower 
frequencies* The pitch of a tche may be hiQ^^Y uncertain 
by one or more octaves ; thus circle of- 12 tones was 
produce<^ vhich when cyclically repeated give the in^ession 
of always rising in pitch# with no break. Tones with 
inharmonic partials# including gongs# bells# and tones 
specially synthesized by computers may produce a sensation 
of pitch/ a tune can be played on them. But the pitch may 
not be the first partial# for example# the htttn tone of a 
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bell Is not the pitdi to vSiich the bell is tuned, 

• Quality or Timbre of steady Tones 

The sound quality or timbre of steady tones depends 
on the partials. Although partials up to the sixth can 
be heard individually by careful listening# tend rather 
to hoar an ovGr~all effect of the partials through the tiinbre 
of the tone, A pure tone or sinusoid is thin, A combination 
of octave partials is bright , A tone with a large number 
of harmonic partials is harsh or buzzy. In general# the 
timbre appears to be dissonant or unpleasant if two straig 
partials fall within a critical bandwidth# which is about 
100 Hz below 600 Hz and about a fifth of an octave above 
600 Hz, 

Iho timbre of a soiind is strongly affected by reasonances 
in the vocal tract or in musical instruments. These roso- 
nances strengthen the partials near the resc^ant frequencies, 
Threee Important formants or ranges of strengthened frequency 
are produced by the vocal tract? they give the qualities 
to vowel sounds which are identifiable independent of pitch, 
4—7 • Transient Phencmena 

Textbooks give harmonic analyses of the sounds of varloys 
musical instriments # but if synthesize a steady tone 
according to such a formula it sounds little like the actual 
jjistrument, steady synthesized vowels do not sound like 
speech if their duration is Icsig, 
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Temporal changes such as attach# decay# vibrato# and 
tremolo# whether regular or irregular# have a strong effect 
on sound quality, A rapid attack followed by a gradual 
decay gives a plucked quality to any waveform. Also# the 
the rate of which various partials rise with time cind the 
difference in the relative intensity of partials with 
loudness are essential to the quality of the sound, indeed 
it is at least in part the difference in relative intensity 
of partials that enables- us to tell a loud passage from a 
soft passage regardless of the setting of the volume control. 
This clue is lost in electronic music if the tones ' employed 
have a constant relative strength of partials# independent 
of volume. 

The “warmth” of the piano tone has been shown to be 
due to the fact that the upper partials are not quite 
harmonically related to the ftjndamental, 

4-8, Consonance 

Observers with normal hearing but without musical 
training find pairs of pure tones consenent if the 
frequencies are separated by more than the critical bandwidth 
or if the frequencies ccaincide or are v/ithin a few hertz of 
one another (in this case beats are heard). Pairs of tones 
are most dissCTiant when they are about a g[uarter of a 
critical bandwidth apart. For frequencies above 600 Hz# this 
is about a twentieth of an octave. 



23 


Excluding bells ^ gongs / and drums, the partial of 
musical Instruments arc nearly harmonic. When this is 
so, for certain ratios of the frequencies of fundamentals, 
the partiais of two tenes either coincide or are well 
separated* These ratios of fundamentals are 2*1 (the octave), 
3:2 (the fifth, 4*3 (the fourth), 5*4 (the major third), 
and 6*5 (the munor third). Normal observers find pairs 
of tones with those ratios of fundamentals to be more 
pleasant, and intervening ratios less pleasant. 

Musical consonance and dissonance depend on many 
factors in addition to frequencies of partils. For example, 
unlibe nonmusicians, classically trained musicians describe 
pairs of pure tones with these simple numerical ratios 
of frequency as consonant and intervening ratios as dissoant, 
Tho only reasonable explanation is that trained musicians 
are able to recognise familiar intervals ^d have learned 
to think of those intervals only as consonant. 

It h&s vbsetl pointed out that, in order for complex 

tones to attain a given degree of consonance, low tones 
must be separated b^ a larger fraction of an octave than 
high tones, and it was observed that composers follow 
this principle. 
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If the partials of a tone are regularly arranged 
but not harmonic, the ratios of frequencies of the funda- 
mental (or first partial) that lead to conscnance are not . 
the conventional ones, 

4-9, CoiTibination Tones 

When listen to a pure tone of frequency and 
another tone of somewhat higher frequency £ 2 / ^ hear a 
ccmbinatich' tone of lower frequency 2 £^ - £ 2 * <^ven at low 
soiand levels. At mveh higher sound levels, around 190,000 
times or more the power at threshold, it is possible to 

hear faint frequencies 2f^, ^^ 2 ^ ^ 2 * ^2 ^l' 

Ccxribination tones axe due to nonlinear itios in the hearing 
mechanism* They can contribute to dissonance and to beats, 
4-10, Reverberation 

Reverberation is important to musical qualityj music 
recorded in an orgei") loft sounds like a bad eleotronic 
organ. The reverberation for speech should be as short as 
possible/ for music about 2 sec is effective. Music sounds 
^y in a hall designed for speech. Reverberation is not 
the only effect in architectural acoustics. Our under r- 
standing of architectural acoustics is far fron satisfactory. 
4-11, The Choir Effect 

Many voices or many instruments do not sound like one 
voice or one instrument. Some experiments by Matb®w^j, 
show that a choir effect cannot be attained by randem. tremolo 
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or vibrato. It must be duo to irregular changes in over- 
all waveform, caused by beating or head motions, or by 
differences in attach, 

4-12, Direction a nd Distance 

We can experience a sideness to sound by wearing head- 
phones fed from two microphones, but the sound seems to be 
inside our head. We experience extremalization of the 
sound — as cesning i rem a particular direction — only when 
we allow head moven.^nts in a sound field. Although we cannot 
detect the directioi of the source of a sinusoidal tone in a 
reverberant room, vje can detect the directicn by the onset 
of sucii a tene, and we can detect the direction of clicKs 
and other changing sounds,' The first arrival of the sound 
dominates later reverberant arrivals in our sensing of the 
direction of the source; this is called the precedence effect. 
We can detect vertical angle of arrival although no one is 
sure how this is done. We can also sense the distance of a 

sotirce in a reverberant room; this sensation must depend <xi 

\ 

some comparison of the direct arrival and the reverberant 
sound, 

4—13 • Memory and (h i ^r learning 

Most memory experiments are not done with musical sounds, 

but many are re leva at to music, 

JL tes been f oxind that subjects can remember a sequence 

of from 5 to 9 randomly chosen digits, letters, or words. 
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the other hand, a good bridge player can rertKJiriber every 
card that has been played in an entire game. Our <^ility 
to deal with stimuli depends on their familiarity or 
‘meaning* to us* This familiarity comes about through 
overlearning. Overlearning has been insufficiently investi- 
gated because although it is common in life, it is very 
difficult to achieve in the laboratory. 

The phonemes of a language are overleamed, A subject 
can readily distinguish the phonemes of his own tcaigue, but 
not those of anotlier. He can distinguish dialects of his 
own language, but not those of a foreign tongue He can 
understand his native language in a noisy place better than 
he can understand a foreign language even though he is 
expert in it. 

Conventional, elements and structures in music are 
undoxibtedly overlearned. Much of our appreciation of harmony, 
much of our ability to remember conventional tunes, must depend 
on overlearning, just as our ability to use and remember 
language does, Perfonnance with unfamiliar material is much 
power, , 

4-14. Psychological Distance? Scaling 

Some psychological stimuli have the same pattern of 
similarity for all people. Colour is one. The psychological 
distance between stimiili such as colours can be obtained, by 
computer analysis or. confusions 


1 
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that subjects ma3«e -:unong pairs of stiinuli or the numbers 
that they assign to the pairs to express their judgements 
of similarity. This kind of analysis is called multi- 
dimensional scaling. The stimuli may appear in a psycho- 
logical space of one dimension (loudness does)/ two 
dimensions (colour does) or three (vowels do) or more 
dimensions. Psychological distance is dependent but 
not proportional to, physical parameters. Thus red and 
violet light are of all colours the farthest apart in 
wavelength, and yet they look more alike - they are 
closer together psychologically ~ than the “intermediate" 
colours orange and blue. 



CeiAPTER 5 


CClaCLUSION 

In this project/ vjc have seen hovj musical waveforms 
aro gonerated by moans of a program/ vjhich calls the sub- 
routines for the different individual instrtiments and then 
sums up and outputs the values of the samples. 

The time to compute a single sample of the res lilting 
music waveform has boon tried to be made as low as possible/ 
by doing only the summing and outputting to the digital— to— 
analog convertor port, in the routine which computes the 
saxr^lGs • and outputs them successively. This time has been 
found to’ be of the order of 0,2 milliseconds/ for each 
sample. Hence/ if we sample waveforms at the rate of 4 

i 

samples per cycle of the waveform/ the waveform time period 
will ccamo out to be of the order of 0,8 milliseconds/ and 
hencO/ the froquoncy of this resultant musical waveform will 
be of the order of 1,25KH2, 

Out digital-to-analog converter can convert digital 
signals to analog signals for sampling rates upto lOKHz/ 
which implies/ that even if we sample at the Nyquist rate 
of 2 samples per cycle of the signal waveform/ the result- 
ing output musical waveform can have a maximum frequency of 
5KH2, 
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One problem oncounterod in our program is that* in 
botwcon two successive durations of the two specification 
records* there is a silence of about 20 milliseconds* 
while the prograia fcatches the subroutine for that waveform* 
whose earlier dviration just expired. The subroutine then 
forms a table of values for the waveform over a cycle of 
itself* within its specified duration* and passes on this 
table to the main program* which again resumes outputting 
of the sunujed up samples for the resulting musical waveform* 

In order to avoid such long periods of silent gaps in between 
musical sequences* we con distribute this -task of computing 
the next table of saiixple values for each instrument waveform* 
over the entire present duration of the music* at the cost 
of reducing the frequency of the output music waveform. 

This can be done by employing the technique of foreground- 
background scheduling* whereby the job which does the summing 
and outputting of the resultant samples is taken as the 
foreground (hi^or priority) job* while the computing Of 
the next sets of tables for each instrument waveform is 
taken as the background (lower— priority) job. 

To make the sampling rate faster than Tr^bat we have 
achieved by software* we shoxild go in for liardware* such as 
a hardware sunaner instead of summing up the individual samples 
in the program itself* and if possible* hardware oscillators 
and waveform generators* to be controlled by a master software 

runnixig on a contxalissod procossoir^ 
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PROGRBM FOR MUSIC SVNTHESIS USING CROMEMCO SVSTEM-3 MICROCOMPUTER 
INTEGER X. V; Z.. I, K. L.. M.. N, Jl.- J2.. J3. MflXJi, MflXJ2. MflXJ3.. I li. 1 12.. 1 13. 

1 IRBTIO 

INTEGER*! V 
REAL CNT.. MINDUR..QNTV. 

1 TOTLTM. RMRl. flMP2. fiMP3. FREQl. FREQ2. FREQ3. 

2 DURRl. DURR2. DURRS 

P. Q. R RRE RRRfiVS WHICH REPRESENT RESPECTIVELV THE SINE. SQURRE. AND 
SAWTOOTH WAVE MUSICRLSCORE TRACKS. EACH TRACK CONSISTS OF RECORDS 
OF THREE FIELDS; IF THE FIRST FIELD IS A POSITIVE NUMBER IT REPRESENTS 
THE RMPLITUDE. THE SECOND FIELD REPRESENTS THE FREQUENCV AND THE THIRD 
FIELD REPRESENTS THE DURATION FOR THAT PARTICULAR RECORD. IF. ON THE OTHER 
HRND.THE FIRST FIELD IS A NEGATIVE NUMBER THEN IT STANDS FOR A REPETITION 
CLAUSE: THE MAGNITUDE OF THE FIRST FIELD THEN STANDS FOR THE NUMBER OF 
REPET ITIC»<S. THE SECOND FIELD CONTAINS A POINTER TO THE LOCATION OF THE 
RECORD ON THIS TRACK TO WHICH TO GO BACK TO. WHILE THE THIRD FIELD IS AN 
INDICATOR VARIABLE. 


DIMENSION P<1000>. Q<1000). R<1000), Vl<18). V2<i0>. V3<10) 
DIMENSION NOREPl<i00).NOREP2<i80>. HOREP3<i00> 
DIMENSION IV1<100>. IV2<100>. IV3<100) 


PI =2, 1417 
DO 21 I=»l. 100 
NOREP1<D=0 
NOREP2<I)»0 

1 NOREP3<I)=0 
DO 32 I»i. 10 
V1<I>»0. 0 
V2<D-0. 0 

2 V3<D»0. 0 

HERE THE VALUES OF N. THE LENGTH OF EACH MUSICAL SCORE TRACK. AND TOTLTM. THE 

PROPORTIONATE VALUE OF THE TOTAL TIME FOR WHICH THE MUSIC IS TO BE PLAVED 
: ARE READ IN 

^ *>_« wAjuJj 4I* fcAjilij «JL» »1* fcljf tXwtJLjl 

REA0<1.2)N. TOTLTM 
: F0RMAT<1X. I3.F8. 2> 

: **)♦!*!♦<*♦*♦*************♦***********'*>♦'**'************************************* 



C PROGRAM FOR MUSIC SVNTHESIS USING CROMEMCO SVSTEM-3 MICROCOMPUTER 
INTEGER X. V, Z, L K, L. M, N. Jl, JZ J2, MflXJl, MflXJ2, MRXJ3, 1 li, 1 12, 1 13, 

1 IRATIO 

INTEGER*! V 
REAL CNT, MINDUR, QNTV, 

1 TOTLTM,fiMPi,flMP2,RMP3,FREQl,FREQ2,FREG3, 

2 DURfll, DURfl2, DURfl3 

C P,Q,R ARE ARRRVS WHICH REPRESENT RESPECTIVELV THE SINE, SQUARE, AND 

C SAWTOOTH WAVE MUSICRLSCORE TRACKS. EACH TRACK CONSISTS OF RECORDS 
C OF THREE FIELDS; IF THE FIRST FIELD IS A POSITIVE NUMBER IT REPRESENTS 
C Tf€ AMPLITUDE, THE SECOND FIELD REPRESENTS THE FREQUENCY AND THE THIRD 
C FIELD REPRESENTS THE DURATION FOR THAT PARTICULAR RECORD. IF, ON THE OTHER 

C HAND, THE FIRST FIELD IS A NEGATIVE NUMBER THEN IT STANDS FOR A REf€TITION « 

C aAUSE:THE MAGNITUDE OF THE FIRST FIELD THEN STANDS FOR THE NUMBER OF 
C REPETITIONS, THE SECOND FIELD CONTAINS A POINTER TO THE LOCATION OF THE 
C RECORD ON THIS TRACK TO WHICH TO GO BACK TO, WHILE THE THIRD FIELD IS AN 
C ZNDIO^ VARIABLE. 

C 

C v' ’ i • 

t '• > - 

DIMENSION P<ie08),Q<1000),R<i008),Vi<10),V2<i0),V3<10> 

DIMENSION NOREPia00>, NOREP2<100>, NOREPiaBB) 

DIMENSION IVKIBB), IV2<100), IV3<i00) 

Ci^iti,4««<>«tit'.4t4<*,t<*****************)K******************i<*****>N*****************’^** 

C 

PI«3. 1417 
DO 21 I«l, 100 
NOREP1<I)»0 
NOREP2<I)»0 
21 NOREP3<I)»0 

DO 32 1-1,18 
V1<I)«0.0 

V2<i>«0.0 ■ ■ • ' 

32 V3<I>'«0. 0 

C ♦He******************************************^*****************’*^****^*'***^ 

C HERE THE VMlIES CF N,THE LENGTH OF EACH WISICm. SCOS^ TR«3K,»® TOTLTMi tl€ 
C PROPORTI(»WTE VALIE CF T>E TOTfflL TIME FOR WIW THE MUSIC IS TO BE PLfWBD 
C ARE READ IN 

C ♦♦♦*#**♦***♦*****♦**♦*******♦********♦* 

READ<1, 2>N, TOTLTM 

2 FORMATCIX, n, FB. 2) * 

C ♦*it«i|nM«*«M«*******************»*****»^>*^**’‘^*’*^****'‘^’W^<^ 
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C HERE THE VALUES FOR EACH MUSICAL SCORE TRACK, THE FIRST TRACK REPRESENTING 
C SINE MAS'E,THE SECOND TRACK REPRESENTING A SQUARE WAVE AND THE THIRD TRACK 
C REPRESENTING A SAWTOOTH WAVE. SINE WAVE IS AN APPROXIMATION OF THAT PRODUCED 
C BV A FLUTE, A SQUARE WAVE IS AN APPROXIMATION OF THAT PRODUCED BV A CLARINET 
C WILE SAWTOOTH WAVE IS AN APPROXIMATION OF THAT PRODUCED BV A CELLO 

ffli ir^ #lf6 i|l #1% <1^ 4|% *|V »r* 

c 

c 

DO 5 I"*!, N 

5 READ(1,11) P<I),Q<I),R<I) 

HERE THE VARIOUS VARIABLES ARE INITIALIZED 

' ' »m»»»3av9Ea»»s»:ssssassssssss:sssssss9 

■sti»0' • 

U«B ' 

■ H«0 

ifr.':" - PIT-0.0''" 

"" X=-2 

V»-2 
2—2 
Jl«l 
J2=i 
J3=i 
V»0 

AMPl-0. 0 
AMP2-0. 0 
AMP3-0. 0 
FREQi»0.0 
FI%Q2«>0. 0 
FREQ3-0. 0 
DURAl-0.0 
DURA2^. 8 
DURA3-0. 0 

0 $,Wi^aH*H**#>Mi^***********#%********H«********!M«»«*,t‘'Mt*iM«iMfl(»>N«*>WB>>W"l<>feW« 



CRLL SINTflB<P, X, NOREPl, K, VI, flMPl, FREOl/DORfll, MfiXJi, Ji> 

COLL SQRTflBCQ, V, N0REP2, U, V2, flMP2, FREQ2, OURftR, MRKJ2, J2> 

CALL SRWTRBCR, Z, N0REP3, M, V3, ftMPZ, FREQ2, DURRS, MRXJ3, J2) 

C FINDING THE MINIMUM OF THE THREE DURRTIONS FROM THE THREE TRRCKS 

C ssaxssassssssssssasasssBssssssBSsa 

c 

52 MINDUR=fiMIHl<DURfil, DURfl2, DURRS) 

IMNDUR=IFIX<MINDUR) 

QNTY=127. 0/<fiMPl+flMP2+flMP3) 

DO 66 n»l,MflXJl 

66 IVl<II>»IFIX<Vl<n)*QNTV) 

DO 666 n»l,MRXJ2 
666 IV2<II>»IFlX<V2<n)'H®iTV) 

00 €666 IIi<4:,«RXJ3 • 

€666 jrV5<lI>>*lFIX(V2<IX)*QHTV) 

c '• ■' '■ 



C THE ROUTINE , WHICH DOES THE SUMMING OF THE THREE INSTRNTRNEOUS 
C SAMPLE VALUES AND OUTPUTS THE SUMMED AND NORfWLIZED VALUE TO THE DIGITAL* 
C TO-flNRLOQ CONVERTER PORT 

c 

c 

DO 6 NN-1, 50 
DO 6 NNN»1, IMNDUR 

V«IVi<Jl)+IV2<J2)+IV3<J3) 

CALL 0UT<31,V) 

IF<J1. QT. MRXJl) Jl»l 
J2»J2+1 

IF<J2. GT. MRXJ2) J2»l 
J3»>J3+1 

6 IF<J3. QT. MflXJ3) J3»l 


r? rs r> o 


C HERE THE TIME COUNT SCRLE IS INCREMENTED BV AN AMOUNT WHICH IS EQUAL 
C TO THE MINIMUM OF THE PRESENT DURATIONS OF Tl« TUNES 

SB8S!lSST?7inm— ■!CI«SSSS»S^ im3BSSJLJ.^S!5B5!SB*SB5 

C ' ' ■ ■ ■■ 

CNT=CNT+MINDUR 

»dL><hl^<hL« *1* <uijfcL»!»JL>4l.# ifcLmJU 

rf> #|'ii 

HERE THE SUBROUTINE CORRESPONDING TO THE TUNE WHOSE PRESENT DURATION 
HRS JUST EXPIRED IS CALLED TO SUPPLV THE NEXT SET OF SAMPLE VALUES 
FOR THE NEXT SPECIFICATION RECORD 


IFCMINDUR. EQ. DURAl) GO TO 55 

DURA1M>URA1-MIN0UR 

GO TO 8 

55 CftL SIMTAB<P. X, NOREPl, K, Vi. AMPi. FREQl. DURRi. MRXJl/ Jl> 
8 1F<MINDUR. Eft ljURR2> GO TO 555 

■' ' ^ :0ai®2*^>URR2--MlNDUR " 

■ ■ -GO #'''88 ■ ■ ^ - 

,im C«4 SQRTABCQ. V.NC)REP2.L.V2.RMP2.FREQ2.DURA2.MAXJ2.J2> 

t8 IF<MIN01H?. EQ. I>URA3> GO TO 5555 

DURA3»0URR2--rtINDUR 
GO TO 888 

5555 CALL SAWTRB<R. Z. N0REP3. M. V3. AMP3, FREQ3. DURR3. MAXJ3, J3> 
888 MINDUR=AMIN1<DURA1. DURR2. DURA3) 

IFCCNT. LT. TOTLTM) GO TO 52 
11 FORMAT <3F8. 2) 

STOP 

END 



C THIS SUBROUTINE COMPUTES THE SAMPLES OF THE SINE WAVE OVER A CYCLE. WITHIN 

C THE GIVEN DURATION AND FORMS A TABLE OF VALUES OF THE SAMPLES 

C acwBmBMacatisaaassRSseasiSBsasnassasKasssvatss 

c / 

SUBROUTINE SINTABCRP. IX, INREPl. IK. RVl. Al. FI. Dl. IMAXIl. I Il> 

DIMENSION RP<1000). INREP1<100).RV1<20) 

PI =3. 1417 
Ila0 
IX»IX+3 
RCNT1=0. 0 
717 11*11+1 

10 A1*RP<IX) 

FlaRP<IX+l) 

Dl»RP<IX+2) 

T1»1/<F1) 

^ ’Up «JU ^ 

i#|p ii^ 9|1 

C HERE THE SIGN OF Al IS CHECKED TO SEE WHETHER THE RECO^ ^ 

C A TUNE SPECIFICATION OR A REPETITION CLAUSE 

C - ■ 

IF<R1. GE. 0> GO TO 125 
IF<Di. NE. 0) GO TO 130 

tkfsTI^4-^ 

INREP1<IK>«-IFIXCR1) 

RP<IX+2>»1 

130 INREP1<IK>»INREP1<IK>"1 

IF<1NREP1(IK>.LT.0> 00 TO 150 
IX-IFIX<RP<IX+1>> 

GO TO 10 

150 RP<IX+2)«0. 0 

IH-IX+3 
IK*IK“1 

125 IWS»IFIX<FlitRCNTl> 

RRG*»FLOAT<IRQ) 

ARQ»<Fi4«CNTi)-RRG 

RVKIl>*^*SliCI«5Q> 

133 BCHTlPRCNTi+0. 02 

IFCRCNTI GT. 01) GO TO 100 
IF<RCNT1 LE. Tl> GO TO 71? 

100 lMRXIi»Il 

ni*i 
. «EtURH 
END 


C THIS SUBROUTINE COMPUTES THE VfiLUES OF im SfiUfiRE WHVE OVER ft CVCUE 
C WITHIN THE GIVEN OURftTION AMO FORMS ft TABLE OF VALUES ^|rfe^i^ES 
C ssssssxsssssaaasxssssssBsssBssssassssK ^ ''P %■ 

SUBROUTINE SQRTRB<RQ, IV, INREP2, IL, RV2, ft2, F2, D2, IMfiXI2, 1 12) 

REAL T2, HLFPRD 

DIMENSION RQ<1000), INREP2<100), RV2<20) 

12*0 

RCNT2*0. 0 
IVaIV+3 

818 12*12+1 

20 R2*RQ<IV) 

F2aRQ<IV+l) 

D2«R0<IV+2) 
t2*l/'<F2) 
il;FPRI>«CT2>/2. 0 

C HERE THE SIGN OF A2 IS CHECKED TO SEE WHETHER THE RECORD JS 
C ft TUN^' SPECIFICATION OR A REPETITION CLfWSE t. 

C ; 

IFCH2. QE. 0) GO TO 225 

IF<D2. NE.0) GO TO 230 , 

IL=IL+1 

INREP2<IL>a-IFIX<R2) 

RQ<IV+2>«1 0 V > ; 

230 INREP2<IL)*INREP2<IL)-1 : : 

IF<INREP2<IL). LT. 0) GO TO 250 
IV*IFIX<RQ<IV+1» 

GO TO 20 

250 RQ<IV+2>«0. 0 

IV-IV+3 
IL-IL-1 

225 CONTINUE . - 

IF<RCNT2, 6T. HLFPRD) GO TO 260 
RV2<I2)«A^ 

GO TO 270 

260 IF<RCNT2. GE. T2) GO TO 265 

RS«<I2>*-ft2 
GO TO 270 . 

270 CONTlSili, ■' ; 

233 ..8CNTaN«l^+0.02^'''. ■■■' ' ' 

IF<RCNT2; GT. D2> GO TO 265 

IFXRCHTa GT. T2) GO TO 265 

GO TO 018 

265 . ^11*1^12*12 ■ ; ' 

008 nt»t 

l«TURN 


o r? 


C THIS SUBROUTINE COMPUTES THE VfiLUES OF THE S<mES OF .Xfcg SflHTOOtHHft^ 
C OVER THE GIVEN CVCLE WITHIN THE GIVEN DURHTION HND FORM^fclfiafcfe OF , 

C THESE VfLUES 





SUBROUTINE SHWTRBCRR, IZ, INREP3. IM. RV3. fl3. F3, D3, IMflXIX 1 13) 
DIMENSION RR<1000), INREP3<100).RV3<20> 

I3«0 

RCNT3=0. 0 
IZ»I2+3 
919 I3-I3+1 

10 " fO«RR<IZ) 

;^F3«RR<IZ+i) 

: , - ■ /:I^|3*^.<F3) - V;,, 

-I! ;H0^ tHE SIGN OF H3 IS CHECKED TO SEE t4HETMI9?iTHE.'PCG»> 4^ 

C ft TUNE SPEClFICftTION OR fi REPETITION CLRUSE 

IF<fi3. QE. 0> GO TO 325 

1F<D3. NE. 0) GO TO 330 
IM-IM+1 

INREP3<IM)»-IFlX<fl3> 

RR<I2+2)«>1 0 

330 ir«?EP3<IM)»INREP3<IM>-l 

IF<INREP3<IM). LT. 0) GO TO 350 
IZ*IFIXCRRCIZ+1>) 

GO TO 30 

130 RR<IZ+2>»a0 

IZ»IZ+3 
IM-IM-1 

325 CONTINUE 

IF<RCNT3. QT. T3> GO TO 360 
RV3<I3)*fl3‘»'<i-2 0«<RCNT3n3» 

Gtf TO 370 

-370 .CONTINUE..';,. ' 

'■333' ■' 

IF<RCNtXGT. 03) GO TO 360 
IF<RCNt3 GT. T3> GO TO 360 
GO TO $19 
160 IMRXI3*I3 

909 in»t 


